Objectives: Nonlinear frequency compression is a signal processing technique used to increase the audibility of high-frequency speech sounds for hearing aid users with sloping, high-frequency hearing loss. However, excessive compression ratios may reduce spectral contrast between sounds and negatively impact speech perception. This is of particular concern in infants and young children who may not be able to provide feedback about frequency compression settings. This study explores the use of an objective cortical auditory evoked potential that is sensitive to changes in spectral contrast, the acoustic change complex (ACC), in the verification of frequency compression parameters.
INTRODUCTION
Nonlinear frequency compression is a signal processing technique used in modern hearing aids to improve the audibility of high-frequency sounds for individuals with high-frequency hearing loss. This technique compresses the spectral bandwidth of acoustic signals above a start frequency that is selected by the audiologist based on the configuration of the individual's hearing loss. Sounds below that start frequency are not altered. The result is that high-frequency information that would have otherwise been inaudible is moved to a frequency region with better hearing (see Alexander 2013 for review) . For some individuals with hearing loss, this approach can result in improved speech recognition; however, nonlinear frequency compression can also distort the spectral cues important for speech recognition (Alexander 2013) . Excessive compression could then be defined as those settings that increase distortion without any concomitant improvements in audibility of the sounds of speech.
To date, several studies have measured performance of listeners with high-frequency hearing loss comparing nonlinear frequency compression with conventional amplification. Some have shown modest group level benefit from frequency compression in consonant and plural recognition in quiet Wolfe et al. 2010 Wolfe et al. , 2011 and monosyllabic words in quiet . However, others have reported that some hearing aid users do not exhibit any benefit from nonlinear frequency compression (Simpson et al. 2005 (Simpson et al. , 2006 Bohnert et al. 2010) . A lack of overall benefit from frequency compression has been reported for a variety of speech perception measures, including consonant-vowel syllables in quiet and spondees in noise (Hillock-Dunn et al. 2014 ) and word recognition in quiet (Bentler et al. 2014) . Perreau et al. (2013) reported group data showing significantly poorer performance for spondees in noise and vowel perception tasks when the study participants used nonlinear frequency compression compared with conventional hearing aid sound processing.
Some of the variance in benefit reported in the literature could be because of the differing approaches to prescribing nonlinear frequency compression settings, all of which depend on cooperation from the hearing-impaired listener to varying extents. One approach involves: (1) selection of the initial start frequency and compression ratio with the goal of maximizing audibility, (2) use of the fitting software to examine the aided audibility of high-frequency speech/noise bands, and (3) fine tuning of the compression settings based on patient feedback and/or aided discrimination/detection tasks for high-frequency consonant sounds, such as /s/ and /ʃ/ Wolfe et al. 2010 Wolfe et al. , 2011 . Others have used the maximum aided audible frequency (defined as the frequency at which hearing loss exceeds 90 dB HL, for example) as the default start frequency for nonlinear frequency compression which was then adjusted based on the hearing aid users' judgments of sound quality, keeping the compression ratio constant (Simpson et al. 2005 (Simpson et al. , 2006 . Frequency compression settings may also be selected based on listener feedback alone (Bohnert et al. 2010) . Another approach is to use an algorithm (SoundRecover Fitting Assistant, Alexander 2013) that selects frequency compression settings from a range of suggested settings generated by the manufacturer software with the goal of maximizing the audible bandwidth for the listener's audiogram (Perreau et al. 2013; Hillock-Dunn et al. 2014; McCreery et al. 2014) . The suitability of the first three approaches, which depend on varying degrees of subjective listener feedback and e262 KIRBY AND BROWN / EAR & HEARING, VOL. 36, NO. 5, participation, is questionable for infants and young children. Use of audiogram-based methods may also be problematic given that auditory brainstem response-and auditory steady state responsebased estimates of audiometric thresholds may not be precise and often are not available at frequencies above 4 kHz (Gorga et al. 1985 (Gorga et al. , 2006 Sininger et al. 1997; Stapells and Oates 1997; Oates and Stapells 1998; Stapells 2000; Herdman and Stapells 2001; Cone-Wesson et al. 2002; Vander Werff et al. 2002; Stueve and O'Rourke 2003) . Current standards for clinical verification of frequency-lowering hearing aid processing in infants and young children call for simulated real-ear electroacoustic measurements of hearing aid output for fricatives and narrowband noise stimuli, which establishes estimated audibility with this feature enabled . While this is an essential step in the fitting process, such measures may not be sensitive to possible negative effects on the discriminability of spectrally complex sounds, such as fricatives. Given that nonlinear frequency compression is currently enabled by default in manufacturer programming software and there is potential for decrements in performance with this feature, it is troubling that there is not currently a clinical tool that is sensitive to changes in spectral contrast.
In the early years after ABR was first described, there were attempts to use this response to establish aided audibility objectively (Kiessling 1982; Gorga et al. 1987) . Unfortunately, stimuli such as clicks or brief-tone bursts that are optimal for evoking an ABR are often accompanied by significant output distortion when processed by a wide dynamic range compression hearing aid, especially a hearing aid with higher gain characteristics (Garnham et al. 2000) . Cortical auditory evoked potentials (CAEPs) have been used to help establish audibility of sound for infants after hearing aid fitting (Golding et al. 2007; Carter et al. 2010; Chang et al. 2012; Van Dun et al. 2012) . Although CAEPs may objectively establish the aided audibility of sounds postfitting, the amplitude of these responses may not be sensitive to changes in hearing aid gain (Billings et al. 2011; Marynewich et al. 2012 ). However, these long-latency neural responses may be elicited by spectrally complex and/or steadystate sounds, including speech and do not require sharp stimulus onsets to be recorded at the scalp, as is the case with ABR. At this time, however, there are few reports demonstrating corticalevoked potentials in the evaluation of frequency compression settings. Glista et al. (2012) reported that frequency compression increased the amplitude of aided CAEPs elicited by a 4 kHz tone burst relative to a conventional hearing aid processing condition in five adolescent hearing aid users. While this method may be sensitive to changes in audibility for high-frequency sounds with frequency compression, it does not establish preservation of sufficient spectral detail for accurate identification and discrimination of high-frequency speech sounds.
The acoustic change complex (ACC) is a CAEP that is correlated with detection of spectral and/or intensity changes in an ongoing stimulus (Ostroff et al. 1998; Martin and Boothroyd 2000) . The ACC reflects physiological auditory discrimination at the level of the cortex and it can be evoked using spectrally complex signals, such as speech sounds. These properties suggest that the ACC could allow clinicians to detect decrements in spectral contrast caused by excessive frequency compression.
The aim of this study was to describe the effects of nonlinear frequency compression on (1) the ACC, (2) speech perception, and (3) perception of complex nonspeech sounds. To accomplish this aim, a series of experiments were conducted with adults with normal hearing (Experiment 1) and with high-frequency sensorineural hearing loss (Experiment 2). The stimuli used in these physiological and behavioral assessments were processed using a custom MATLAB program to simulate a broad range of hearing aid nonlinear frequency compression settings. For each frequency compression condition, ACC response recordings, vowel identification, consonant identification, and speech perception in noise tasks were completed. The effect of frequency compression was also tested using behavioral discrimination of spectral ripple contrasts. It was hypothesized that for the normal-hearing listeners in Experiment 1, vowel identification, consonant identification, ripple discrimination thresholds, and ACC amplitudes would decrease and that the 50% signal to noise ratio (SNR) threshold for speech identification would increase (become poorer) with increasing frequency compression ratios. In Experiment 2, individualized gain adjustments were made to the experimental frequency-compressed stimuli using each subject's audiometric thresholds and a standard prescriptive algorithm. Then the subjects completed the same tasks used in Experiment 1. For this group of hearing-impaired listeners, it was hypothesized that:
(1) mild compression settings would either have no impact or possibly increase ACC amplitude and improve performance on vowel, consonant, behavioral ripple discrimination, and speech identification in noise tasks; and (2) as the amount of compression was increased, ACC amplitude would decrease and performance on the behavioral tasks would become poorer.
MATERIALS AND METHODS

Participants
Experiment 1 involved the participation of 10 adults with normal hearing (9 F, 1 M, mean age = 23.8 years, SD = 3.7 years, range = 19-32 years). Normal hearing was defined as air conduction thresholds < 15 dB HL for octave intervals from 250 to 8000 Hz. Experiment 2 involved the participation of 10 adults (5 F, 5 M, mean age = 54.7 years, SD = 9.0 years, range = 38-65 years) with sensorineural hearing loss. For this group of participants, audiometric thresholds for pure tones presented by air conduction were measured at octave intervals from 250 to 8000 Hz and at 6000 Hz using standard clinical procedures. Figure 1 shows mean and individual audiometric thresholds for this hearing-impaired group. Table 1 provides greater detail about the individuals who took part in Experiment 2. All subjects were native speakers of English and had no self-disclosed history of neurological or cognitive impairment.
General Procedures
Before beginning the protocol, consent was obtained and audiometric testing completed. The study protocol had three components: perceptual testing using speech, perceptual testing using ripple noise stimuli, and evoked potential testing. Completion of the full protocol required 5-6 hr. Breaks were provided as needed and in some cases the results were obtained in two or more sessions. Study participants were compensated for their participation and all procedures were approved by the University of Iowa Institution Review Board. e263 with a spectrum modulated by a rectified sine function with sine starting phase over the first half of duration that switches at the midpoint to cosine phase. The use of spectral ripple contrast stimuli in an ACC paradigm is established in the cochlear implant (CI) literature (Won et al. 2011 ) and has been shown to be sensitive to experimental conditions that affect spectral resolution (e.g., number of active CI electrodes/channels). Each half of the ripple contrast stimulus consisted of a broadband noise, 400 msec in length, constructed from 400 summed sinusoids with frequencies distributed logarithmically between 1500 and 6000 Hz; the spectrum of the broadband stimulus was then modulated with a maximum modulation depth of 30 dB using a rectified sinusoidal spectral envelope with sine or cosine starting phase. The ripple contrast stimulus was created by concatenating the leading sine-phase ripple with its cosine counterpart. Figure 2 shows a time waveform and spectrogram of the ripple contrast stimulus. The spectrum of each ripple stimulus was filtered using a modified raised sine window that was symmetrical in log frequency with a 1 octave plateau and ½ octave ramps, similar to that described by Anderson et al. (2011) . This step was taken to mitigate spectral edge effects, which may inflate behavioral ripple discrimination thresholds. A single ripple density, 0.5 ripples per octave (RPO), was used for the ACC experiment. This single value was selected to decrease test time compared with a physiological ripple threshold procedure reported by Won et al., where recordings were made at multiple ripple densities. Pilot data indicated that ripple contrasts of 0.5 RPO are behaviorally discriminable for listeners with normal hearing and sloping sensorineural hearing loss. Stimulus levels were calibrated in a 2-cc coupler using a 1 in condenser microphone and Quest model 2700 sound level meter. Stimuli were presented monaurally via an ER-3A insert earphone at 70 dBA peak level with a 1.2 sec interstimulus interval. The nontest ear was plugged. The test ear was counterbalanced across subjects. During testing, study participants sat in a reclining chair and were encouraged to read, play with an iPad, or watch captioned videos to stay alert.
Electroencephalography Recording
Before evoked response recording, surface electrodes were applied to the scalp on the side of the head contralateral to the test ear. A ground electrode was placed on the forehead and electroencephalography activity measured differentially from a single recording channel: vertex (+) to contralateral mastoid (−). Recordings in pilot subjects established that amplitudes of the P1-N1-P2 onset and change responses were comparatively robust for this particular recording channel. Eyeblinks were monitored using two additional electrodes placed above and lateral to the stimulus-contralateral eye; sweeps with excessive eye blink artifact were rejected online. Responses were bandpass filtered between 1 and 30 Hz and amplified (gain = 10,000) before averaging using custom LabView software. Each stimulus was presented 200 times, in blocks of 100 sweeps. Stimulus conditions were randomized and counterbalanced across the recording session to avoid effects of adaptation or changes in patient state.
Analysis Procedure
The evoked potentials recorded in this study were analyzed off-line using custom-designed (MATLAB, R2013a) software. Replications recorded in each frequency compression condition were averaged together and smoothed using a 40 msec wide boxcar filter before peak-picking. The analysis window was 1200 msec in length with 0 msec defined as the onset of the stimulus. The software automatically picked the N1 and P2 peaks. N1 was defined as the most negative point within a latency interval ranging from 80 to 200 msec post stimulus onset for the onset response and from 480 to 600 msec poststimulus onset for the change potential. For both the onset and change potentials, the P2 peak was defined as the most positive voltage recorded within a time window of 120 msec duration after N1. Infrequently, when the averaged waveform was relatively noisy and ACC responses were longer latency or had broader peaks, the algorithm would incorrectly pick N1-P2 before P1. In these cases, the points identified by the software as N1 and P2 were adjusted by the first author based on visual inspection of the waveforms. In a select few cases in the more aggressive frequency compression conditions, the automatic peak-picker identified ACC responses that were deemed questionable upon visual inspection of the waveform. Rather than override the peak-picker and mark these responses as zero amplitude, which would tend to exaggerate amplitude differences between the frequency compression conditions, the picked peaks were left unchanged. Peak to peak amplitude of both the onset and change potentials was calculated from the voltage difference between the N1 trough and the following P2 peak. ACC amplitudes were defined as the absolute voltage difference between N1 and P2 peaks of the response after the change in the stimulus. ACC amplitudes were normalized by dividing by the amplitude of the N1-P2 response elicited by the stimulus onset to control for possible differences in amplitude related to changes in patient state and recording conditions and to allow for simpler comparisons across subjects.
Behavioral Tasks
The perceptual consequences of frequency compression were assessed with four tasks. All stimuli in each of the tests were presented to the test ear using an ER-3A insert earphone. First, closed-set vowel identification was measured across conditions of frequency compression using a 10 alternative forced choice procedure. The vowel stimuli consisted of medial vowels (e.g., /hVd/ for the 10 English vowels /i/, /u/, /ae/, /eɪ/, /ʌ/, /ɛ/, /ɑ/, /ʊ/, /ɪ /, and /oʊ/) each recorded from 10 adult female talkers (Hillenbrand et al. 1995) and presented in random order, for a total of 100 stimuli per condition. Second, closed-set consonant identification was measured. This test (Turner et al. 1995) consists of 16 consonant sounds, in an /aCa/ context, produced by two adult males and two adult females for a total of 64 trials per condition. Stimulus level for these tests was 70 dBA. Stimuli for each of these tests were presented and participant responses were registered using custom MATLAB software in conjunction with PsyLab (Hansen 2006 ) experimental interfaces. Participants indicated the perceived speech sound using a touch sensitive monitor and graphic user interface. With the exception of a brief familiarization with the task, no feedback on performance was given during testing.
Third, speech perception in noise for these same frequency compression conditions was evaluated using the QuickSIN test (Killion et al. 2004) . Presentation level for this test was set at 70 dB HL, with volume units in the audiometer channel adjusted to 0 for the standard calibration tone, per the manufacturer instructions. The test consists of key word identification from sentences spoken by an adult female talker in multi-talker babble background noise. Two lists, selected at random, were used to estimate the SNR ratio at which performance was approximately 50% correct (i.e., "SNR-50") for each frequency compression condition. Choice of this particular test was motivated by the results of Ellis and Munro (2013) . They found significant negative effects of frequency compression on speech in noise performance in normal-hearing individuals using IEEE sentences from which the QuickSIN test was derived.
The final method used to assess how frequency compression alters perception was a behavioral spectral ripple discrimination task. Spectral ripple discrimination thresholds, defined as the maximum number of spectral peaks per octave for which the listener can discern standard versus inverted spectral ripples, were measured using a standard, adaptive, three interval, forcedchoice procedure (Levitt 1971) comparable with that described in earlier works (Henry et al. 2005) . A 1 dB level increase and a 1dB decrease were applied randomly to two of three intervals to control for possible loudness difference cues. Threshold was estimated from the mean RPO of the last four reversals in a run. Three runs were completed per compression condition and mean threshold for each condition was calculated from the three runs. Again, stimuli were presented and participant responses were registered using custom MATLAB software and the PsyLab interface. Frequency compression conditions applied to the raw stimuli were the same as those used in the electrophysiology task. Stimulus intensity was calibrated for a peak presentation level of 70 dBA. All stimuli were presented monaurally with an ER-3A insert earphone. Response feedback was enabled throughout the test interval.
Signal Processing Procedures
All sound files were encoded in WAV format with a 44,100 Hz sampling rate and 16 bit depth. Manipulation of frequency compression parameters was accomplished using signal processing software. Five experimental frequency compression conditions were created. Using custom MATLAB software, the raw sound files used for each experimental task were (1) segmented using a moving, 882 point, raised cosine window; (2) converted by fast Fourier transform to the frequency domain; and (3) filtered into low-pass and high-pass components using a rectangular filter with 300 dB attenuation slopes within the bandwidth of single 
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FFT bin. Frequency compression was applied to the high pass input frequency vector with the compression function described by Simpson et al. (2005) and used in their wearable experimental device. No compression was applied to the low-frequency component of the input segment. The low-pass and compressed high-pass components were then converted to the time domain using an inverse FFT and summed. The next segment was likewise compressed and summed with the preceding compressed segment using a half-overlap increment. For this study, the start frequency was fixed at 1500 Hz in all conditions. This boundary for the low-pass and high-pass segments coincided with the lowest frequency typically used in commercial frequency compression hearing aids. The five signal processing conditions were defined by the compression ratios, which were 1:1 (no compression), 1.5:1, 2:1, 3:1, and 4:1, respectively. These ratios were selected to encompass the range of compression ratios used in commercial frequency compression aids. It should be noted that these were not individually optimized frequency compression start frequencies and compression ratios for these listeners. To the contrary, these settings were specifically selected to result in poorer speech perception performance in both groups and allow us to test if behavioral spectral ripple discrimination and amplitude of ACC responses elicited by spectral ripple contrasts are both affected under these same conditions.
In addition to the nonlinear frequency compression manipulations described above, individually prescribed gain adjustments were applied to the experimental stimuli for the hearing-impaired participants in Experiment 2. Each participant's gain profile was calculated by subtracting DSL i/o (Scollie et al. 2005 ) audibility targets for a listener with normal hearing (0 dB HL thresholds, 250-8000 Hz) for a 65 dB SPL speech stimulus from targets calculated based on the subject's own audiometric thresholds. These calculated gain settings were implemented using an audiometer (Grason-Stadler GSI-61) to adjust overall level in line with a multi-band digital programmable equalizer (Alesis DEQ 830) to create 1/3 octave band-specific gain adjustments.
Data Analyses
Data analysis for Experiments 1 and 2 included univariate repeated measures analysis of variances (ANOVAs) with frequency compression ratio as the within-subjects main effect of interest. p values of paired t tests were adjusted for multiple comparisons according to the Holm-Bonferroni method (Holm 1979) . Vowel and consonant scores, expressed as percent correct, were transformed into rationalized arcsine units to better approximate the normal distribution (Sherbecoe and Studebaker 2004) . Results for each frequency compression condition were compared with the noncompressed condition as baseline performance on each task. In those cases where a Mauchly test revealed that the repeated measures data significantly departed from the sphericity assumption of the ANOVA, the reported p value of the repeated measures F test was modified using a Greenhouse-Geisser correction to control for possible inflation of the Type 1 error rate and the epsilon value (ε) is reported with the F test results. In addition, linear mixed effects analyses were completed for each of the behavioral measures with ACC amplitude and a categorical factor representing frequency compression condition included as predictors. These were done to determine whether individual differences in ACC amplitude were predictive of performance on the behavioral measures across frequency compression conditions. The models also included a random subject effect to account for the repeated measures completed with each participant. Statistical analyses were completed using the R programming environment (Version 3.1.1). Figure 3 shows group means and individual results for the normal hearing and hearing-impaired listeners for vowel identification, consonant identification, speech perception in noise, and behavioral ripple discrimination.
RESULTS
Analysis of the vowel perception data revealed no effect of frequency compression ratio on identification scores for the normal-hearing listeners [F(4,36) = 0.18; p = 0.95]. Performance was generally high on this task (above 90%) and remained so across the frequency compression conditions. Analysis of the vowel perception data for the hearing-impaired listeners revealed a significant main effect of frequency compression ratio on identification score [F(4,36) = 6.46, p = 0.01, ε = 0.47]. Vowel identification scores were similar to those of the normal-hearing listeners in the baseline (no frequency compression condition). Unlike the normal-hearing listeners in Experiment 1, paired t tests indicated that vowel identification scores were significantly poorer in the 3:1 [t(9) = 3.48; p = 0.02] and 4:1 [t(9) = 3.60; p = 0.02] conditions compared with baseline for the hearing-impaired listeners.
Analysis of the consonant perception data for the listeners with normal hearing revealed a significant main effect of frequency compression condition on identification scores [F(4,36) = 12.12; p < 0.001]. Paired t tests indicated that consonant identification score was significantly poorer in the 3:1 [t(9) = 3.63; p = 0.02] and 4:1 conditions [t(9) = 7.25; p < 0.001] relative to the baseline condition. This result was consistent with our hypothesis that greater frequency compression ratios would have a negative impact on consonant perception.
Analysis of the consonant perception data for the listeners with hearing loss revealed a significant main effect of frequency compression condition on identification score [F(4,36) = 12.29; p < 0.001]. Paired t tests indicated that consonant identification score was significantly poorer in the 2:1 [t(9) = 2.89; p = 0.04], 3:1 [t(9) = 7.76; p < 0.001], and 4:1 [t(9) = 9.12; p < 0.001] conditions relative to the baseline condition. It was hypothesized that consonant identification would be significantly poorer in the highest frequency compression ratio conditions in the subjects with hearing loss, and these results are consistent with that hypothesis.
A repeated measures ANOVA procedure revealed a significant main effect of frequency compression on performance on the QuickSIN for the listeners with normal hearing [F(4,36) = 17.65; p < 0.001]. Paired t tests indicated that speech identification in noise was significantly poorer in the 2:1 [t(9) = −3.95; p = 0.01], 3:1 [t(9) = −4.78; p = 0.003], and 4:1 [t(9) = −6.70; p < 0.001] frequency compression conditions compared with the no compression baseline condition. This result was consistent with our hypothesis that frequency compression would have a negative effect on speech perception in noise for listeners with normal hearing. It is also consistent with the findings of Ellis and Munro (2013), who found significant negative effects of nonlinear frequency compression ratio on e266 KIRBY AND BROWN / EAR & HEARING, VOL. 36, NO. 5, e261-e270 normal-hearing listeners' speech perception in noise. Analysis of the QuickSIN data also revealed a significant main effect of frequency compression condition on estimates of SNR-50 for the listeners with hearing loss [F(4,36) = 6.30; p < 0.001]. However, paired t tests indicated that SNR-50 was not significantly different from baseline in any of the other frequency compression conditions at an α = 0.05 level after correction for multiple comparisons.
Results of a repeated measures ANOVA revealed a significant main effect of frequency compression on ripple discrimination threshold in the listeners with normal hearing [F(4,36) = 51.09, p < 0.001, ε = 0.40]. Paired t tests revealed that ripple discrimination threshold was significantly poorer in the 1.5:1 [t(9) = 4.59; p = 0.001], 2:1 [t(9) = 5.97; p < 0.001], 3:1 [t(9) = 7.33; p < 0.001], and 4:1 [t(9) = 8.45; p < 0.001] frequency compression conditions relative to the baseline no compression condition. This result is consistent with our hypothesis that behavioral ripple threshold would decrease with increasing frequency compression ratio in normal-hearing listeners. Analysis of the behavioral ripple data also revealed a significant main effect of frequency compression on ripple discrimination threshold for the listeners with hearing loss [F(4,36) = 8.16; p < 0.001]. Paired t tests revealed that ripple discrimination threshold was significantly poorer in the 2:1 [t(9) = 2.94; p = 0.03], 3:1 [t(9) = 5.10; p = 0.003], and 4:1 [t(9) = 4.23; p = 0.007] frequency compression conditions. These results were similar to those of the listeners with normal hearing in Experiment 1 and consistent with our hypothesis that ripple discrimination would be significantly poorer at the highest frequency compression conditions. Figure 4 shows individual and grand mean waveforms for each frequency compression condition for the normal-hearing and hearing-impaired listeners. As compression ratio increases, ACC N1-P2 amplitude is noticeably smaller. Figure 5 shows normalized ACC amplitudes for normal-hearing and hearingimpaired listeners. Analysis of the ACC response data revealed a significant main effect of frequency compression on normalized ACC amplitude in the normal-hearing listeners [F(4,36) = 8.16; p < 0.001]. Compared with the no compression condition (M = 0.45, SD = 0.17), paired t tests revealed that normalized ACC amplitude was significantly smaller in the 2:1 [M = 0.38, SD = 0.20, t(9) = 2.94; p = 0.03], 3:1 [M = 0.31, SD = 0.17, t(9) = 5.10; p = 0.003], and 4:1 [M = 0.27, SD = 0.14, t(9) = 4.23; p = 0.007] frequency compression conditions. The physiological data show an effect analogous to that of the behavioral ripple discrimination task for compression ratios of 2:1, 3:1, and 4:1. KIRBY AND BROWN / EAR & HEARING, VOL. 36, NO. 5, This tendency of smaller ACC amplitudes at higher compression ratios, with no effect for mild compression ratios (e.g., 1.5:1), is consistent with our hypothesis for the ACC measure.
As was the case with the listeners with normal hearing in Experiment 1, ACC N1-P2 amplitude appears to become smaller in the 3:1 and 4:1 compression conditions relative to the baseline condition for the hearing-impaired listeners. Analysis of the ACC response data revealed a significant main effect of frequency compression on normalized ACC amplitude [F(4,36) = 4.42; p = 0.005]. Relative to the baseline condition (M = 0.49, SD = 0.20), paired t tests revealed that normalized ACC amplitude was significantly smaller in the 3:1 [M = 0.33, SD = 0.14, t(9) = 3.39; p = 0.03] but not the 4:1 [M = 0.32, SD = 0.14, t(9) = 2.45; p = 0.11] frequency compression condition. As with the normal-hearing listeners in Experiment 1, the tendency of smaller ACC amplitudes in the listeners with hearing loss at higher compression ratios is consistent with our hypothesis for the ACC measure.
ACC amplitudes and performance on the behavioral measures both tended to decrease with increasing frequency compression ratio in the normal-hearing and hearing-impaired groups. However, individual variability in ACC amplitude was not predictive of vowel identification, consonant identification, SNR-50, or ripple threshold at an α = 0.05 level in either group of listeners after including a categorical factor accounting for the effect of the frequency compression condition in the mixed effects models.
DISCUSSION
The goal of these experiments was to investigate whether CAEPs, in particular the ACC, are sensitive to changes in nonlinear frequency compression ratio. Our experimental conditions applied to the stimuli used in this task consisted of five frequency compression ratios (1:1, 1.5:1, 2:1, 3:1, and 4:1), encompassing the range of ratios that can be implemented in a wearable personal hearing aid. It was not a goal of this study to select or define optimal frequency compression settings on an individual basis, but rather to determine performance over a wide range of settings. Our selection of parameters for our experimental conditions differs from previous investigations of the effects of nonlinear frequency compression where only e268 KIRBY AND BROWN / EAR & HEARING, VOL. 36, NO. 5, a single frequency compression setting was compared with conventional processing. A second goal was to determine the degree to which performance on measures of speech perception (vowels, consonants, and sentences in noise) and behavioral discrimination of spectrally complex nonspeech sounds are also affected in these same frequency compression conditions. Previous work has demonstrated that amplitude of ACC responses elicited by ripple contrast stimuli is smaller in signal processing conditions that reduce spectral contrast, such as in CI vocoder simulations with varying numbers of simulated channels (Won et al. 2011) or with frequency allocation manipulations in CI mapping (Scheperle 2013 ). In the current experiments, we demonstrated significant negative effects of increasing frequency compression ratio on ACC amplitude in normal-hearing and hearing-impaired listeners, consistent with diminished spectral contrast with increasing frequency compression. The contribution of loss of spectral contrast to decrements in ACC amplitude is supported by our finding that behavioral ripple discrimination thresholds were likewise negatively affected for compression ratios of 2:1, 3:1, and 4:1 in both normal-hearing and hearing-impaired listeners. Ripple contrast stimuli, like the ones used in this study, are appealing in that they can readily be modified to have start frequencies matched to different knee points of compression (1500 Hz was used for these experiments). Although the 0.5 RPO density stimulus was sufficient to elicit ACC responses from both normal-hearing and hearing-impaired listeners across a range of frequency compression settings, alternate densities (e.g., 1 RPO, 2 RPO, etc.) or the use of a series of ripple densities to determine physiologic ripple threshold (similar to Won et al.) may also be applied to evaluation of the effects of different frequency compression parameters. It may be that physiological threshold for the ACC response to ripple contrasts would serve as a better predictor of performance on various behavioral tasks across frequency compression conditions. This approach would necessarily be more timeconsuming than one using a single density contrast stimulus. More study is needed to identify optimal stimulus characteristics for the purpose of using the ACC response to evaluate nonlinear frequency compression parameters.
Results of the vowel identification task in Experiment 2, which indicated negative effects of combined low start frequency and high compression ratio on performance, are consistent with the findings of Perreau et al. (2013) , who found significant negative effects of frequency compression (implemented in a commercial hearing aid) on vowel identification in listeners with hearing loss. As stated previously, many of the participants in the Perreau et al. study were fit with frequency compression settings selected using SoundRecover Fitting Assistant that were nearly identical to the maximum frequency compression condition in this study (1.5 kHz knee point, 4:1 compression ratio). This would suggest that those conditions necessary to maximize audibility of high-frequency consonant sounds may contribute to deleterious effects on vowel identification in some users. It is, however, noteworthy that similar reduction in vowel identification scores using these same frequency compression conditions was not observed in the listeners with normal hearing. This differential effect may be because of broadening of spectral filters in the periphery in listeners with sensorineural hearing loss. It has been demonstrated that these listeners require greater peak to trough amplitude and/or greater separation of peaks to accurately discriminate between different formant distributions and that they need relatively more contrast to perform well as the degree of hearing loss increases (Leek et al. 1987) .
Negative effects on consonant identification were found for both groups of listeners at the two highest frequency compression ratios. Other studies (Simpson et al. 2006 ) have shown negative effects on consonant identification scores in a subset of listeners where frequency compression settings were adjusted on an individual basis before testing. Our experimental design did not include individual adjustment of these parameters. It may be the case that our highest frequency compression conditions (3:1 and 4:1 ratios) were more aggressive than would have been typically prescribed for these listeners, contributing to these decrements. This highlights the negative effects on consonant identification of excessive nonlinear frequency compression settings. Clearly, great care should be taken in selecting these settings in young hearing aid users given that "optimal" and "excessive" frequency compression parameters may be more difficult to define in this population. KIRBY AND BROWN / EAR & HEARING, VOL. 36, NO. 5, e261-e270 e269 Significant negative effects on speech recognition in noise were also observed with increasing frequency compression ratio. This result is consistent with the findings of Ellis and Munro (2013) , who found significant decrements in performance using similar materials (IEEE sentences) with ratios greater than or equal to 2:1 and a similarly low knee point of frequency compression (1.6 kHz). Although a significant negative main effect on speech in noise performance was observed in our hearingimpaired cohort, differences relative to the baseline (1:1) condition were not significant on the group level after correction for multiple comparisons. It may be the case that with two lists per condition, with each list consisting of only six sentences with five keywords each, that the test was under-powered with respect to the size of the effect in hearing-impaired listeners.
CONCLUSIONS
The cumulative results of these experiments demonstrate the following: (1) the amplitude of ACC responses elicited by spectral ripple contrast stimuli is sensitive to frequency compression settings, and (2) performance on speech perception and ripple discrimination tasks is negatively affected as frequency compression ratios increase. Additional study is needed to determine optimal stimulus and recording parameters for the application of the ACC response to the evaluation of frequency compression settings. These preliminary results suggest that the ACC measure may be a promising clinical tool for the verification and selection of appropriate frequency lowering settings in hearing aids for infants and young children, contributing to optimal speech and language outcomes in this population.
